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(57) ABSTRACT

A multi-stage adaptive filter is disclosed, which exhibits a
smaller mean square error than in prior art adaptive filters.
The adaptive filter selectively manipulates the weights, in
multiple stages, so as to achieve a global minimum of the
error function, such that the filtered signal has as small an
error as possible.
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1
MULTI-STAGE ADAPTIVE FILTER

TECHNICAL FIELD

This application relates to adaptive filters.

BACKGROUND

An adaptive filter is used to adaptively identify a channel,
equalize a channel, or cancel echoes (or multipath) in wired
and wireless communications. The adaptive filter structure
may be used in adaptive beamforming as well.

BRIEF DESCRIPTION OF THE DRAWINGS

The foregoing aspects and many of the attendant advan-
tages of this document will become more readily appreciated
as the same becomes better understood by reference to the
following detailed description, when taken in conjunction
with the accompanying drawings, wherein like reference
numerals refer to like parts throughout the various views,
unless otherwise specified.

FIG. 1 is a block diagram of a multi-stage adaptive filter,
according to some embodiments;

FIGS. 2 and 3 are diagrams of typical adaptive filters, used
by the multi-stage adaptive filter of FIG. 1, according to the
prior art;

FIG. 4 is a flow diagram showing operations performed by
the multi-stage adaptive filter of FIG. 1, according to some
embodiments;

FIG. 5 is a graph showing the convergence and residual
echo power found in a signal filtered using a least mean
squared adaptive filter, according to some embodiments;

FIG. 6 is a graph showing the convergence and residual
echo power found in a signal filtered using the multi-stage
adaptive filter of FIG. 1, according to some embodiments; and

FIG. 7 is a block diagram of a system employing a receiver
that uses the multi-stage adaptive filter of F1IG. 1, according to
some embodiments.

DETAILED DESCRIPTION

In accordance with the embodiments described herein, a
multi-stage adaptive filter is disclosed, which exhibits a
smaller mean square error than in prior art adaptive filters.
The adaptive filter manipulates the weights, in each stage, so
as to achieve a global minimum or better local minimum of
the error function, such that the filtered signal has as small an
error as possible.

In the following detailed description, reference is made to
the accompanying drawings, which show by way of illustra-
tion specific embodiments in which the subject matter
described herein may be practiced. However, it is to be under-
stood that other embodiments will become apparent to those
of ordinary skill in the art upon reading this disclosure. The
following detailed description is, therefore, not to be con-
strued in a limiting sense, as the scope of the subject matter is
defined by the claims.

FIG. 1is a simplified block diagram of a multi-stage adap-
tive filter 100, according to some embodiments. The multi-
stage adaptive filter 100 operates using software 60 that
manipulates weights 50 such that they are ordered and selec-
tively updated as a traditional adaptive filter 200 is run, in
multiple stages, so as to process an incoming signal 20 as a
filtered signal 30. The multi-stage adaptive filter 100 is
described in more detail below.
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FIG. 2 shows a typical structure of a filter 200A, which may
be used by the adaptive filter 100, according to some embodi-
ments. A signal, given by x(n)=[xX,, X,, . . . , X5 is received into
the filter 200A, with a first portion of the signal, given by x,,
being multiplied by a first weight parameter, w,. Then, after
some delay, a next portion of the signal, given by x,, is
multiplied by a second weight parameter, w,, and so on, until,
after N delays, the final portion of the signal, X, is multiplied
by the N* weight parameter, w,,. The multiplied results are
then summed together as the result, z(n).

Similarly, in FIG. 3, a filter 200B, is another filter that may
be used by the adaptive filter 100 of FIG. 1. The filter 200B
features signal portions, X, X,, . . . , X, being received into the
filter from different antennas, such as occurs during beam-
forming of the signal. The filter 200A or the filter 200B may
be used by the adaptive filter 100, to receive the incoming
signal 20 and generate the filtered signal 30.

Least mean square algorithms are a type of adaptive filter
that incorporates an iterative process in which successive
corrections are made to the weight vector so as to produce the
least mean squares of the error signal, which is the difference
between the actual signal and the desired signal. In the least
mean square algorithm, the weight, w, for the adaptive filter is
updated by the following equation:

w=w+ux*e

ey
where x=[x(n), x(n-1), . . ., x(@-N+1)]%, w=[w, W, . . .,
w,]7, 1 is a step size, and e is an error signal calculated from
a desired signal and z(n).

In the constant modulus algorithm, the error signal, or cost
function, is defined by the following equation:

e=z(n)(constant—|z(x) %)

@

In an adaptive filter, the weight vector, w, may change, with
each iteration of the filter, until eventually converging to some
value. During this convergence, the weight vector, w, may fall
into a local minimum of the cost function instead of the global
minimum.

For example, in an echo canceller and during channel iden-
tification, the ideal weight vector, w, should be equal to the
impulse response of the channel. However, due to a non-zero
value of x(n-m+1) at the m” tap, from the above weight
vector update equation (1), the m” tap, w,,, may be non-zero,
even if the impulse response has a zero value at the m” delay.
This causes a larger mean square error, even after conver-
gence.

Multi-Stage Adaptive Filter

To solve the above problem, in some embodiments, the
adaptive filter 100 uses a traditional adaptive filter, such as the
adaptive filters 200A and 200B, in a novel way. The adaptive
filter 100 organizes its weights 50 and uses that arrangement
to update the weights in a step-wise fashion, rather than all at
once.

First, the traditional adaptive filter 200 is run for a certain
number of iterations. In some embodiments, the number of
iterations is based on the signal-to-noise ratio and/or the
eigenvalue spread of the autocorrelation matrix of the input
signal 20. Once the weight vectors 50 converge after running
the traditional adaptive filter 200, the software 60 orders the
weights 50 such that the absolute value each succeeding
weight is the same as or exceeds the previous weight, given by
the following formula:

w, lzlw, || 3)

for integer i,. The indices of the weights then tell which
weights will be updated at the kth stage. As shown in FIG. 1,
the weights 50 are all then reset to zero. For the first stage, the
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first weight, w, , is the only weight that is updated, with all
other weights remaining set to zero. The weight is run through
the filter 200 until the weight converges.

After convergence of w,, two We1ghts w, and w,, are
updated simultaneously, W1th the remaining We1ghts being set
to zero. The filter 200 is run again until the weights converge.
Again, after convergence of two weights, w, and w, , the first
three weights, w, , w,,, and w,, are updated simultaneously,
with all other weights remaining set to zero, and the filter 200
is run again. This process is repeated until the N* stage.

The multi-stage process 100 illustrated in FIG. 1 may be
stated mathematically as follows:

fork=1to N

weights {w, , w

end

For example, assume that the traditional adaptive filter 200
is run for the predetermined number of iterations, after which
the following weights are obtained: |w,1=0.5, Iw,|=1.1,
lw,1=0.7, and Iw,|=0.1. Ordering according to formula (3),
above, produces the following:

., W, } are updated

115

Iwslzlwslzlw l=lw,l,

which means 1,=2, 1,=3, 1,=1, and i,=4.

The indices tell which weights will be updated at the k*
stage. At k=1, only w, is updated, while all other weights are
forced to zeros. The adaptive filter 200 is run again repeatedly
until the convergence of weight, w,. After the convergence of
Ww,, at k=2, both w, and w, are updated simultaneously, while
all other weights, starting with weight, w, are forced to zero.
The adaptive filter 200 is run again repeatedly until the con-
vergence of the first two weights, w, and w;. After the con-
vergence of w, and w,, three weights, w,, w; and w,, are
updated, with the remaining weights being forced to zero.
This process is repeated until all weights making up the
vector, w, are updated, the adaptive filter 200 is run, and the
weights converge.

FIG. 4 is a flow diagram showing the method employed by
the multi-stage adaptive filter 100 of FIG. 1, according to
some embodiments. Before the filter weights 50 are manipu-
lated by the software 60, the incoming signal 20 is fed into the
filter 200 and traditional adaptive filtering is applied (block
102) for a predetermined number of iterations (block 104).
This enables the weights 50 to be assigned values that are in
the neighborhood of the desired values.

The weights 50 are ordered as given in formula (3), above
(block 106). Then, the integer, k, is reset (block 108) and all
the weights 50 are set to zero (block 110). The integer is
incremented (block 112) and then, one by one, the zeroed
weights are updated (block 116) and the adaptive filter 200 is
run until the weights converge (block 118). The process
repeats until all the zeroed weights are updated (block 114).

FIG. 5 shows the convergence of the least mean square
algorithm in an echo canceller, according to some embodi-
ments. The residual echo power after convergence is —72
dBm. In contrast, FIG. 6 shows the echo canceller with the
multi-stage adaptive filter 100 of FIG. 1. Where the adaptive
filter 100 is used, the residual echo power in the multi-stage
adaptive filter is —82 dBm.

FIG. 7 is a block diagram of a portion of a receiver 300,
where the receiver employs the multi-stage adaptive filter 100
of FIG. 1, according to some embodiments. The receiver 300,
which may be part of a cell phone, personal digital assistant or
other device, includes a processor 320 and a memory 330, the
processor to execute the software 60 of the adaptive filter 100.
The software 60 runs the iterations and, in multiple stages,
programs the weights of the adaptive filter 100, as described
above. The receiver 300 includes many other circuits not
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shown in FIG. 7. One or more antennas 310 receive an incom-
ing signal, which is fed into a low noise amplifier 340 before
being fed into a variable gain amplifier, and converted to a
digital signal 20A by an analog-to-digital converter 390. The
digital signal 20A is fed into the adaptive filter 100 and
processed as outgoing signal 30A. As described above, the
adaptive filter 100 is able to take a signal coming into the
receiver 300 and strip away any undesired additional signal-
ing that is received during transmission over the air.

While the application has been described with respect to a
limited number of embodiments, those skilled in the art will
appreciate numerous modifications and variations therefrom.
It is intended that the appended claims cover all such modi-
fications and variations as fall within the true spirit and scope
of the invention.

I claim:
1. A method to process an incoming digital signal in a
receiver, the method comprising:

receiving an analog signal by one or more antennas of the
receiver;,

converting the analog signal to the incoming digital signal
by an analog-to-digital converter;

running an adaptive filter on the incoming digital signal,
the adaptive filter to be controlled by a software program
loaded into a memory of the receiver and executed by a
processor operating within the receiver, the software
program to:

receive a weight vector, w, the weight vector comprising a
plurality of weights, w=[w, w,, . . . W], to be used by
the adaptive filter, wherein each weight corresponds to a
tap of the adaptive filter;

execute the adaptive filter for a predetermined number of
iterations, the plurality of weights having original val-
ues, lw, 1, [w,l, ..., Iwyl, following the iterations;

order the original values, Iw,I,Iw,|, , Iwyl, of the
plurality of weights, w=[w,, w,, . . ., w,/] to produce a
new weight vector, wnew=[w, , W, . WZ-N]T according

to a formula |w, |zlw, |, for index, 1k,
seteach of the plurahty of weights ofthe new weight vector
to zero; and
fork=1 to N:
update the k weights, w,
vector; and
repeatedly run the adaptive filter using the new weight
vector until the k weights, Wi Wy oo Wy, CONVErge;
wherein a filter signal having fewer errors than the incoming
digital signal is generated following the software operations
inside the receiver.
2. The method of claim 1, updating the k Weights Wi
, of the new weight vector further comprising:
updating the k weights, w, , w w,,, of the new weight
vector using a least mean square algorithm.
3. The method of claim 2, updating the k Weights Wi,
, of the new weight vector further comprising:
us1ng the following equation to update the k weights, w,

Wiy e Wy

1p Wiy -« Wy, of the new weight

W

i

W

i

w=w+ux*e

wherein x corresponds to the incoming digital signal and
x=[x(n), x(n-1), . x(n—N+l)] [w=[w,, W, . . . Wp]%]
wW=wnew, |Lis a step size, and e is an error signal calculated
from a desired signal and the output signal.
4. The method of claim 1, updating the k Weights Wi,
W, . . . W, of the new weight vector further comprising:
updating the k weights, w, , w,, of the new weight
vector using a constant modulus algorithm.
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5. The method of claim 4, the incoming digital signal
comprising a desired signal and a cost function, the cost
function comprising a global minimum and one or more local
minimums;

wherein the new weight vector, w,,.,,, falls into the global

minimum of the cost function after the N iterations of the
adaptive filter are run.

6. The method of claim 1, wherein the receiver comprises
an echo canceller.

7. The method of claim 1, wherein the predetermined num-
ber of iterations is based on a signal-to-noise ratio of the
incoming digital signal.

8. The method of claim 1, wherein the predetermined num-
ber of iterations is based on an eigenvalue spread of an auto-
correlation matrix of the incoming digital signal.

9. A receiver, comprising:

one or more antennas to receive an analog signal;

an analog-to-digital converter to change the analog signal

to a digital signal;

an adaptive filter to receive the digital signal and to gener-

ate a new digital signal; and
a software program to be loaded into a memory of the
receiver, the software program to be executed by a pro-
cessor, the software program to control the execution of
the adaptive filter, the software program to further feed a
plurality of weights into the adaptive filter, wherein the
plurality of weights is denoted by original values, [w,|,
Iw,l, ..., Iw,l, and wherein each weight corresponds to
a tap of the adaptive filter;

wherein the software program:

executes the adaptive filter for a predetermined number of
iterations, such that the plurality of weights, following
the iterations, have values, Iw, |, [w,l, ..., Iwyl;

orders the original values, Iw,l, Iw,l, . . ., Iw,l of the
plurality of weights, w=[w, w,, ..., W,/], to produce a
new weight vector, wnew=[w, , w,, . . .WZ-N]T according

to a formula, Iw, |zlw, |, for index, i
sets each of the plurality of weights of the weight vector to

zero; and
fork=1to N:

updates the k weights, w

vector; and
repeatedly runs the adaptive filter using the new weight
vector until the k weights, w, , w,, . . . W, , converge;
wherein the digital signal is replaced with the new digital
signal in the receiver.

10. The receiver of claim 9, wherein the new digital signal
has fewer errors than the incoming digital signal.

11. The receiver of claim 9, wherein the incoming digital
signal comprises a desired signal and a cost function, the cost
function comprising a global minimum and one or more local
minimums;

wherein the new weight vector falls into the global mini-

mum of the cost function after the N iterations of the
adaptive filter are run.

12. The receiver of claim 9, wherein the receiver is an echo
canceller.

13. The receiver of claim 9, wherein the receiver is a chan-
nel identifier apparatus.

1p Wy - - - W, 0f the new weight
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14. The receiver of claim 9, wherein the predetermined
number of iterations is based on a signal-to-noise ratio of the
incoming digital signal.

15. The receiver of claim 9, wherein the predetermined
number of iterations is based on an eigenvalue spread of an
autocorrelation matrix of the incoming digital signal.

16. A non-transitory computer-readable medium storing a
software program which, when executed by a processor of a
receiver, performs the following operations:

generate a plurality of original weights to be received by an

adaptive filter, the plurality of original weights being
denoted by, w=[w,, W,, . . . , W], wherein each weight
corresponds to a tap of the adaptive filter;

execute the adaptive filter on an incoming digital signal for

a predetermined number of iterations, wherein the plu-
rality of original weights have values, Iw,l, Iw,l, . . .,
lw,l, following the iterations, wherein the incoming
digital signal is received as an analog signal from one or
more antennas of the receiver and converted to the
incoming digital signal by an analog-to-digital con-
verter;

order the original values, |w |, Iw,l, . .., Iwyl, of the
plurality of weights, w=[w,, w,, . . ., w,/] to produce a
new weight vector, wnew=[w, , w,, . . .WZ-N]T according

to a formula w, |zlw, |, forindex, i
set each of the plurality of weights of the weight vector to

Zero;
fork=1 to N:
update the k weights, w, , w,, .. . W, , of the new weight
vector; and
repeatedly run the adaptive filter using the new weight
vector until the k weights, w, , w,, . . . W, , converge;

wherein an output signal is generated that has fewer error
than the incoming digital signal, the output signal to be
used by the receiver.
17. The non-transitory computer-readable medium of
claim 16, the software program, when executed, to further:
update the k weights, w,, w,, . . . w, , of the new weight
vector using a least mean square algorithm.
18. The non-transitory computer-readable medium of
claim 17, the software program, when executed, to further:
use the following equation to update the k weights, w, ,
Wi Wy

w=w+ux*e

wherein x corresponds to the incoming digital signal and
x=[x(n), x(n-1), . . ., x@-N+D], [w=[w,, W, . . ., Wr]]
w=wnew, [l is a step size, and e is an error signal calculated
from a desired signal and the output signal.

19. The non-transitory computer-readable medium of
claim 16, the software program, when executed, to further:

update the k weights, w,, w,, . . . w,, of the new weight

vector using a constant modulus algorithm.

20. The non-transitory computer-readable medium of
claim 16, wherein the adaptive filter is run to perform echo
cancellation.



